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CALL ADMISSION CONTROL IN TELECOMMUNICATION NETWORKS 

RELATED APPLICATIONS 
Not applicable 

5 

FEDERALLY SPONSORED RESEARCH OR DEVELOPMENT 
Not applicable 

MICROFICHE APPENDIX 
10 Not applicable 

BACKGROUND OF THE INVENTION 

■i 1. FIELD OF THE INVENTION 

4=15 The invention relates to communication networks, and specifically, to a communication 

y| hub that controls access to a communication network based on silence suppression. 

SI 

m 2. DESCRIPTION OF THE PRIOR ART 

Hi 

Advanced communication networks are being developed to support a vast array of 
r!20 communication services. One example of an advanced communication network is a packet 
network. In a typical packet network, a conmiunication hub located on a subscriber's premise 
5J and connected to one or multiple user devices exchanges communications with the network over 
a communication path. The conmiunication path between the communication hub and the 
network typically includes a fixed bandwidth capacity agreed to between the customer and the 
25 servi ce provider. 

one example of a call scenario using a packet network, a connection request is received 
the communication hub from a user device. The communication hub suppresses, compresses, 
and packetizfes the incoming digital signals from the user device for transmission to the network. 
At the netwonc level, the network determines whether or riot to allow the connection request 
30 using call admission control. Call admission control is the set of actions taken by the network 
during the call sekip phase to accept or reject the connection request. For example, if the 
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effective bandwidth for the connection request is greater than the provisioned bandwidth 
capacity purchased by the custoper, the network will reject the call using call admission control. 
The effective bandwidth is tile minimum bandwidth that needs to be allocated to meet the 
performance requirements for/the currently active calls and the incoming connection request. If 
5 the connection request can he processed without violating the provisioned bandwidth the call is 
admitted. J 

To improve bandwidth efficiency the network uses silence suppression technology to fill 
silence periods in voice conversation packets with other call transmissions such as data, video, 
and imaging. A silence suppression gain factor is used to determine the required bandwidth for 
10 voice calls based on the silence suppression realized by filling the silence periods with other 
transmissions. The silence suppression gain factor is a constant based on a statistical calculation 
of the silence suppression realized for the large number of active voice calls present at any given 
time at the network level. The constant silence suppression gain factor is applied to incoming 

LI 

=iO voice calls to determine the effective bandwidth for the currently active calls in conjunction with 
5^15 the incoming voice call. 

'^'J-J To improve efficiency and reduce the demand on network resources, it is desired in the 

==■4 art to perform call admission control at the hub level and to use silence suppression technology 

lift 

to improve bandwidth efficiency between the communication hub and the network. 

CI Unfortunately, conamunication hubs cannot use a constant silence suppression gain factor. The 

i^20 constant silence suppression gain factor, while effective at the network level where large 

% volumes of voice calls are present, is inaccurate at the hub level where only a small volume of 

Q voice calls may be present. 

SUMMARY OF THE INVENTION 

25 The present invention advances the art by providing a communication hub configured to 

perform call admission control over a communication path to the network based on silence 
suppression. Advantageously, the conmiunication hub controls access in real-time to the 
communication network based on a silence suppression gain realized for an incoming call based 
on the silence suppression realized for the incoming call and a number of currently active calls. 

30 The access decision is based on a comparison of the provisioned bandwidth for the 
communication path and the effective bandwidth required to accommodate the incoming call and 
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the currently active calls. The effective bandwidth required is based on a calculation of the 
silence suppression gain relative to the number of currently active calls. 

The communication hub is comprised of a silence suppression block, a call admission 
block, a control system, and an interface system. The silence suppression block is configured to 
5 compute the silence suppression gain for an incoming call based on the silence suppression 
realized for the incoming call and the number of currently active calls. The call admission block 
is configured to control access to the communication network over the communication path 
based on the silence suppression gain for the incoming call. The control system is configured to 
determine the type of the incoming call and control the silence suppression block and the call 
10 admission block. The interface system is configured to receive the incoming call and exchange 
call traffic with the communication network over the conmiunication path. 

A first advantage of the present invention is that the call admission control features are 
active when a new call session is requested and when a call session is released. Thus, the 
^0 provisioned bandwidth for a communication path is protected from violating the desired quality 
Q|15 of service. A second advantage of the present invention is that the computation of the silence 
^if suppression gain for individual calls relative to the number of currently active calls increases 

S| utilization efficiency for the communication path. A third advantage of the present invention is 

iii 

that congestion is reduced without resorting to packet dropping or cell dropping at the network 
level. 



FIG. 1 illustrates a conmiunication hub according to the present invention; 
FIG. 2 is a flow chart illustrating the operational steps of a conmiunication hub according 
to the present invention; and 



DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENT 
The Communication Hub FIGS. 1-2: 

FIG. 1 depicts a communication hub 100, a communication network 101, and 
30 communication paths 103, 104, 105, and 109. The conmiunication hub 100 is comprised of a 
control system 102 and an interface system 108. The control system 102 is comprised of a 
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BRIEF DESCRIPTION OF THE DRAWINGS 



25 



HG. 3 illustrates a network architecture according to the present invention. 
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silence suppression block 106 and a call admission block 107. The interface system 108 is 
connected to the communication network 101 by communication path 109. The communication 
path 109 could be any wireless or wireline communication path capable of interfacing with the 
communication network 101. The interface system 108 is also connected to the control system 
5 102 and the communication paths 103, 104, and 105. The communication paths 103, 104, and 
105 could be conventional wireline or wireless communication paths. The interface system 108 
could handle numerous other such communication paths, although only communication paths 
103, 104, 105, and 109 are shown for clarity. Those skilled in the art will appreciate that the 
communication hub 100 could include other conventional components not shown on FIG. 1 for 
10 clarity. Those skilled in the art will appreciate that the communication hub 100 could include 
other conventional elements such as voice compression elements to acconmiodate different 
coding rates. 

The communication network 101 could be any conmiunication network configured to 
-:|| provide audio, video, or data services. Some examples of the communication network 101 

sc. 

f^|15 include without limitation, a packet network, an internet, and an ethemet. The silence 
'i; suppression block 106 could be any logic block configured to compute a silence suppression gain 
"^==^1 for an incoming call based on a silence suppression realized for the incoming call and a number 
of currently active calls. The call admission block 107 could be any logic block configured to 
control access to the communication network 101 over the communication path 109 based on the 
y20 silence suppression gain for the incoming call. The control system 102 could be any device or 
% plurality of devices configured to determine the call type of the incoming call and control the 
Ci silence suppression block 106 and the call admission block 107. The interface system 108 could 
be any device or plurality of devices configured to receive the incoming call over one of the 
communication paths 103, 104, and 105 and exchange call traffic with the conmiunication 
25 network 101 over the communication path 109. The interface system 108 could be a 
conventional voice interface that acts as a POTS interface, supervises signals, channels voice 
lines, resolves contention between voice lines, or samples, digitizes and compresses analog 
signals into packets. 

FIG. 2 depicts a flow diagram of the operational steps of the communication hub 100. On 
30 HG. 2 an incoming call request is received in the interface system 108 over one of the 
communication paths 103, 104, and 105 at step 200. The interface system 108 provides the 
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incoming call request to the control system 102. At step 201, the control system 102 determines 
the call type for the incoming call request. If the call type is a voice call at step 202, processing 
continues at step 203 and the control system 102 uses the silence suppression block 106 to 
compute the silence suppression gain based on the silence suppression realized for the incoming 
5 call and the number of currently active voice calls. At step 204, the control system 102 uses the 
call admission block 107 to compute the effective bandwidth required to accommodate the 
number of currently active calls and the incoming call based on the silence suppression gain. If 
the effective bandwidth required is less than or equal to the provisioned bandwidth of the 
communication path 109 at step 205, processing continues at step 206 and the call admission 
10 block 107 grants access to the communication network 101 and the call is completed over 
communication path 109. If the effective bandwidth required is greater than the provisioned 
bandwidth of the communication path 109 at step 206, processing continues at step 207 and the 
call admission block 107 denies access to the conmiunication network 101 and the call is 
4) rejected. 

A%15 If the incoming call is a voice-band data call at step 202, processing continues at step 204 and 

'=2; the control system 102 uses the call admission block to compute the effective bandwidth required 
S| to accommodate the number of currently active calls and the incoming call. If the effective 
]^ bandwidth required is less than or equal to the provisioned bandwidth of the communication path 
109 at step 205, processing continues at step 206 and the call admission block 107 grants access 
1=^20 to the conomunication network 101 and the call is completed over communication path 109. If 
JSJ the effective bandwidth required is greater than the provisioned bandwidth of the communication 
O path 109 at step 205, processing continues at step 207 and the call admission block 107 denies 
access to the communication network 101 and the call is rejected. It should be noted that if 
access to the communication network 101 is granted at step 206, the call is a currently active call 
25 and is concurrently active with other currently active calls. 

Network architecture FIG. 3: 

FIG. 3 depicts a network architecture in an example according to the present invention. 
Those skilled in the art will appreciate numerous variations that do not depart from the present 
30 invention. Those skilled in the art will also appreciate that various features described below 
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could be combined with the above described embodiment to form multiple variations of the 
invention. 

FIG. 3 depicts the communication network 101, a network gateway 317, communication 
hubs 307 and 308, and user devices 301, 302, 303, 304, 305, and 306. The communication hub 
5 307 is connected to the network gateway 317 by communication paths 309, 310, 311, and 312. 
The communication hub 307 is also connected to the user devices 301, 302, and 303 by 
conventional voice lines. The communication hub 308 is connected to the network gateway 317 
by communications paths 313, 314, 315, and 316. The communication hub 308 is also 
connected to the user devices 304, 305, and 306 by conventional voice lines. The network 
10 gateway 317 is connected to the communication network 101 by communication path 318. 

The communication paths 309-316 could be conventional packet connections. Some 
examples of the communication paths 309-316 include without limitation, voice over internet 
I protocol over asynchronous transfer mode (ATM) and ATM adaptation layer type 2 (AAL2) 
i paths. The communication path 318 could be a conventional network trunk that provides 
|15 network access and connectivity. 

i The user devices 301, 302, 303, 304, 305, and 306 could be conventional communication 

f devices that use the analog or digital telephony format. Some examples of user devices 301, 
302, 303, 304, 305, and 306 include without limitation, telephones, modems, facsimile machines, 
[ computer systems, and video conferencing equipment. 

^20 The conmiunication hub 307 could be any device or group of devices configured to 

I receive incoming calls from user devices 301, 302, and 303, and control access to each of the 
- connmunication paths 309-312 based on silence suppression. The communication hub 308 could 
be any device or group of devices configured to receive incoming calls from user devices 304, 
305, and 306 and control access to each of the communication paths 313-316 based on silence 
25 suppression. The network gateway 317 could be a conventional network gateway that provides 
access to the communication network 101. The network gateway 317 could also be a 
conventional multiplexer that exchanges conmunications between communication network 101 
and communication hubs 307 and 308. In some examples of the invention, the network gateway 
317 could also be configured with the features of the conamunication hubs 307 and 308 to control 
30 access to communication path 318 based on silence suppression. 
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Call Access Control: 

The call admission decision for an incoming call is based on the provisioned bandwidth 
for a given communication path, e.g. 309, and the effective bandwidth required to accommodate 
the incoming call and the number of currently active calls over that communication path. The 
5 effective bandwidth required is determined by the silence suppression gain realized as a function 
of the number of superposed voice calls. The silence suppression gain is a discrete non-linear 
function calculated on a per call basis as a function of the silence suppression gain realized for 
the incoming voice call with respect to the number of currently active voice calls. For a given 
mean talkspurt duration, mean silence duration, and packetization time on a single voice source 
10 the silence suppression gain factor (p) is calculated by the following formula: 
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a" = the mean talkspurt duration for a single voice source in milliseconds (ms); 

p"* = the mean silence duration for a single voice source in ms; 

T = the packetization time in ms; 

n = the number of superposed voice sources; 
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A = activity factor, where 

A 

S = silence factor, where 

The following is an example to further illustrate the operation of a conununication hub 
according to the present invention, but those skilled in the art will recognize numerous other 
examples and configurations that are applicable to the invention described above. Those skilled 
in the art will also appreciate how combinations of features described below can be combined 
with the above-described embodiment. The following example is described in conjunction with 
the communication path 309, where the communication path 309 is a Tl connection using VoIP 
over ATM technology and a"^ = 400 ms, P"^ = 600 ms, and T = 10 ms. 

Table 1 illustrates the silence suppression gain factor (p) for a given number of voice 
calls (n). 
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At a peak transmission rate of 64 kbps, with an 80 byte packet payload, a 48 byte packet 
header, having a total of 128 byte packet length, 3 ATM cells are consumed. Thus, the overhead 
penalty factor (k) is equal to (53*3)/80 and the minimum bandwidth required (Bl) for a given 
number of voice calls (n) is bounded by the formula: Bl=64*k*n*p. The bandwidth 
required (B2) for a given number of voice-band data calls (m) is bounded by the formula: B2 = 
64 * k * m. 
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Table 2 illustrates the effective bandwidth required for a given number of voice calls (n) 
and a given number of voice band data calls (m) in the lower bound. Those skilled in the art will 
recognize that an additional five percent (5%) of the total bandwidth, as suggested by RFC 1889, 
could be further allocated for real time conferencing protocol (RTCP) (RTP control protocol) in 
5 this example as a matter of design choice. 
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The admission decision is based on the total effective bandwidth required (B) for an 
incoming call and the number of concurrently active voice and voice-band data calls relative to 
h40 the provisioned bandwidth (B') of the communication path 309. For example, if a customer 
ri service agreement allocates a provisioned bandwidth (B') for communication path 309, the 
admission decision is based on a comparison of (B) to (B'). If (B) is less than or equal to the 
provisioned bandwidth (B') the call should be admitted. If (B) is greater than or equal to the 
provisioned bandwidth (B') the call should be denied. 
15 Thus, the number of voice calls (n) and the number voice-band data calls (m) that can be 

active at any given time dynamically changes subject to the condition that B' > B, where B = 
Bin + B2m. If this condition is not satisfied the incoming call should be rejected. If this 
condition is satisfied the incoming call should be admitted. Those skilled in the art will 
recognize that other factors such as Timer_CU and cell loss ratio (CLR) and algorithms 
20 including but not limited to flow-fluid model, and Guassian approximation could be used to 
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compute the effective/equivalent bandwidth, which are application specific, as a matter of design 
choice. 

The above-described communication hub can include instructions that are stored on 
storage media. The instructions can be retrieved and executed by a processor. Some examples 
of instructions are software, program code, and firmware. Some examples of storage media are 
memory devices, tape, disks, integrated circuits, and servers. The instructions are operational 
when executed by the processor to direct the processor to operate in accord with the invention. 
The term "processor" refers to a single processing device or a group of inter-operational 
processing devices. Some examples of processors are integrated circuits and logic circuitry. 
Those skilled in the art are familiar with instructions, processors, and storage media. 

Those skilled in the art will appreciate variations of the above described embodiments 
that fall within the scope of the invention. As a result, the invention is not limited to the specific 
examples and illustrations discussed above, but only by the following claims and their 
equivalents. 

CLAIMS: 
We claim: 
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